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(54) Acoustic system comprised of components connected by wireless 

FIG. 1 



(57) According to this invention, instead of a con- 
ventionally used wire, a radio transmitting medium is 
employed as a transmitting medium for transmitting 
information containing sound signal between a sound 
input unit (21) for inputting the sound signal generated 
in a sound generating source and at least one sound 
output unit (31,37, 43, 49,55). 
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Description 

BACKGROUND OF THE INVENTION 

1 . Field of the Invention 

[0001] The present invention relates to an acoustic 
system provided in an acoustic space of, for example, 
home, vehicle compartment, movie theater, stage, con- 
cert hall or the like, the acoustic system comprising a 
sound input unit for inputting sound signals generated 
by a sound generator and at least a sound output unit, 
and more particularly to an acoustic system capable of 
contributing to improvement of appearance thereof and 
improvement of working efficiency and freedom of 
installation of its respective component units. 

2. Description of the Related Art 

[0002] Conventionally, for example, an acoustic 
system disclosed in Japanese Patent Application Laid- 
Open No. H7-288512 has been known as the acoustic 
system for use in acoustic space of, for example, home 
and vehicle compartment. 

[0003] The acoustic system disclosed in the same 
publication comprises a wireless microphone transmit- 
ter which is a sound generator, a receiver for receiving a 
sound signal sent from the transmitter, an amplifier for 
amplifying a sound signal received by the same receiver 
at a determined amplification factor and a pair of speak- 
ers which are connected to the same amplifier through 
wire and convert a sound signal amplified by the ampli- 
fier to aerial vibration so as to produce sounds. 
[0004] In such a system, the wireless microphone 
transmitter sends a sound signal picked up thereby to 
the receiver by radio and then, the amplifier amplifies 
the received sound signal. The amplified sound signal is 
sent to a pair of the speakers through wire and each of 
the speakers outputs a sound. Therefore, a person 
holding a wireless microphone transmitter can secure 
freedom of activity without being annoyed by handling 
the wire of a microphone. 

[0005] However, because in the aforementioned 
conventional acoustic system, the wire still exists 
between the amplifier and a pair of the speakers, the 
wire needs to be placed around between the respective 
units to construct an acoustic system. Consequently, 
the wires placed around in this way damages the 
appearance of the acoustic system and the working effi- 
ciency and freedom of installation of the respective 
units. Therefore, there has been a problem to be solved 
in this point. 

SUMMARY OF THE INVENTION 

[0006] The present invention has been achieved to 
solve the above problem and therefore an object of the 
invention is to provide an acoustic system employing a 



radio transmitting medium as a transmitting medium for 
transmitting information containing sound signal 
between a sound input unit for inputting a sound signal 
generated in a sound generating source and at least a 

5 sound output unit instead of a conventionally used wire, 
thereby contributing to improvement of appearance and 
improvement of working efficiency and freedom of 
installation of respective related units. 
[0007] To achieve the above object, according to an 

10 aspect of the present invention, there is provided an 
acoustic system comprising a sound input unit for input- 
ting a sound signal generated in a sound generating 
source and at least one sound output unit for outputting 
sound based on the sound signal, wherein radio trans- 

15 mitting medium is employed as a transmitting medium 
for transmitting information containing the sound signal 
between the sound input unit and the at least one sound 
output unit. 

[0008] The reason why a transmission object of the 

20 present invention is expressed as information including 
sound signal is that the transmission object includes not 
only the sound signal but also various control signals for 
command, control and the like and further, information 
concerning correction of a difference of time, which will 

25 be described later. 

[0009] In the acoustic system of the present inven- 
tion, a radio transmitting medium is employed as a 
transmitting medium for transmitting information con- 
taining sound signal between, for a sound input unit 

30 such as an amplifier and at least one sound output unit 
such as a speaker, instead of a conventionally used 
wire. As a result, a necessity of placing wire around 
between respective units when establishing the acous- 
tic system is eliminated, thereby contributing to 

35 improvement of appearance and improvement of work- 
ing efficiency and freedom of installation of respective 
related units. 

[0010] Here, an example of operation and effect 
which the present invention can exert will be described. 

40 That is, as a result of analysis of the frequency charac- 
teristic of man's sense of hearing, it has been generally 
known that man's sense of hearing has a directivity in 
middle and treble ranges while it has no directivity in 
bass range. This indicates that if an excellent sound 

45 field is intended to be formed, a squawker and a tweeter 
in charge of sound output in the middle and treble 
ranges are desired to be disposed to directly oppose the 
ears of a listener, while such a consideration is not nec- 
essary for a woofer in charge of sound output in bass 

so range. When multiple speakers in charge of each sound 
range are disposed at each appropriate positions based 
on such a knowledge, the acoustic system of the 
present invention having a high working efficiency and 
freedom of installation of respective related units is 

55 expected to exert a very excellent effect. 

[0011] In the meantime, in the acoustic system of 
the present invention, directivity of information transmit- 
ted between the respective units through radio transmit- 
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ting medium is not restricted to any particular one. That 
is, for example, information containing sound signal may 
be transmitted in a single direction from the sound input 
unit to the at least one sound output unit or bidirection- 
ally between the respective units. 
[0012] According to a preferred embodiment of the 
present invention, part or all of the information is trans- 
mitted bidirectionally between the sound input unit and 
the at least one sound output unit. 
[0013] According to this embodiment, part or all of 
the information containing sound signal is transmitted 
bidirectionally between the sound input unit and the at 
least one sound output unit. As a result, the information 
can be transmitted using a transmission style appropri- 
ate for the type of information to be transmitted. That is, 
for example, if the transmission object is only sound sig- 
nal, one-direction transmission style is used, while if the 
transmission object includes not only the sound signal 
but also various control signal for command, control and 
the like and information concerning correction of a dif- 
ference of time which will be described later, bidirec- 
tional transmission style is employed. 
[0014] Major features and scope of application of 
the present invention have been described above. Dis- 
closure of preferred embodiments of the present inven- 
tion may be meaningful for clarifying an extension of the 
scope thereof. 

[0015] In this viewpoint, according to a preferred 
embodiment of the present invention, the sound input 
unit comprises at least: an input interface for inputting a 
sound signal generated in the sound generating source; 
an encoder for digitizing the inputted sound signal; and 
a transmitting means for modulating the digitized sound 
signal and sending through the radio transmitting 
medium, and each sound output unit comprises at least: 
a receiving means for receiving a sound signal sent 
through the radio transmitting medium and demodulat- 
ing the received sound signal; a decoder for decoding 
the demodulated sound signal; and an output interface 
for outputting a sound signal restored by the decoding. 
[0016] According to this embodiment, first of all, a 
sound signal generated in a sound generating source is 
inputted into the sound input unit through the input inter- 
face. Then, the encoder digitizes the inputted sound sig- 
nal and then, the transmitting means modulates the 
digitized sound signal and send it through the radio 
transmitting medium. On the other hand, in each sound 
output unit, a reception means thereof receives sound 
signal sent through the radio transmitting medium and 
demodulates the received sound signal. Then, the 
decoder decodes the demodulated sound signal. Con- 
sequently, a sound signal restored by the decoding is 
outputted through the output interface. By receiving the 
sound signal outputted through the output interface, the 
acoustic unit such as a speaker outputs sound. 
[0017] As a result, this embodiment contributes not 
only to improvement of appearance but also improve- 
ment of working efficiency and freedom of installation of 



respective related units. Additionally, because the digital 
transmission method is employed, an acoustic system 
appropriate for such recent technological trend as prev- 
alence of digital units can be realized. 

5 [0018] If imagining a sound space to which the 
acoustic system of the present invention is applied, for 
example, home, vehicle compartment, move theater, 
stage, concert hall and the like can be exemplified. If the 
acoustic system of the present invention is applied to a 

10 relatively wide sound space and multiple sound output 
units are employed, a difference of time in arrival of 
sound signal between the respective sound output units 
becomes so large that it cannot be neglected, so that 
there may be generated such an event that makes lis- 

15 teners feel a sense of disharmony. 

[0019] Thus, according to a preferred embodiment 
of the present invention, if multiple sound output units 
exist and a difference of time occurs between such mul- 
tiple sound output units, this difference of time is cor- 

20 rected. 

[0020] Because according to this embodiment, if 
multiple sound output units exist and there is generated 
a difference of time of the sound signal between the 
multiple sound output units, the difference of time is cor- 

25 rected, even if the difference of time between the 
respective sound output units becomes so large that it 
cannot be neglected, it is possible to avoid such an 
event that makes listeners feel a sense of disharmony. 
[0021] Although the countermeasure for a differ- 

30 ence of time generated between the multiple sound out- 
put units has been described above, various 
approaches for this correction of the difference of time 
can be considered. 

[0022] As an example of various approaches, 
35 according to a preferred embodiment of the present 
invention, the information includes a block synchronous 
signal and a left/right synchronous signal and the differ- 
ence of time is corrected based on both the synchro- 
nous signals. 

40 [0023] According to this embodiment, the correction 
of the difference of time is carried out based on both the 
block synchronous signal and the left/right synchronous 
signal. Therefore, each of the multiple sound output 
units can cancel a difference of time and a difference of 
45 phase by only outputting sound synchronously with both 
the synchronous signals. Consequently, the difference 
of time can be corrected with such a simple method. 
[0024] Further, according to a preferred embodi- 
ment of the present invention, correction of the differ- 
so ence of time is carried out based on a difference of time 
of the sound signal actually measured between the mul- 
tiple sound output units. 

[0025] Because according to this embodiment, the 
correction of the difference of time is carried out based 
55 on a difference of time actually measured of the sound 
signal between the multiple sound output units, a highly 
accurate correction of the difference of time can be car- 
ried out depending on an actual situation. 
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[0026] In the above described acoustic system, for 
example, if the transmission object is only sound signal, 
one-direction transmission style is used, while if the 
transmission object includes not only the sound signal 
but also various control signal for command, control and 
the like and information concerning correction of a dif- 
ference of time, which will be described later, bidirec- 
tional transmission style is employed so that the 
information can be transmitted using a transmission 
style appropriate for the type of information to be trans- 
mitted. However, to transmit information including the 
sound signal between the sound input unit and the at 
least one sound output unit, it is important to prepare a 
system capable of identifying each unit. 
[0027] Then, according to a preferred embodiment 
of the present invention, each of the sound input unit 
and the at least one sound output unit is provided with 
an address capable of identifying each unit. 
[0028] According to this embodiment, such a sys- 
tem for specifying an address is arranged to enable 
respective units to identify each other Therefore, when 
transmitting information between the sound input unit 
and the at least one sound output unit, if the transmitter 
is so constructed to specify addresses of a destination 
and the transmitter, the transmitter is capable of trans- 
mitting information by specifying a particular destina- 
tion. Further, the receiver is capable of knowing from 
which transmitter information is received. Further, if 
speaking an example of application of such address 
specifying method, for example, assume that a sound 
signal is inputted to the sound input unit from multiple 
independent sound generating sources such as mono- 
phonic terminal, KARAOKE system, telephone or the 
like and then it is desired to distribute and output that 
sound signal to multiple sound output units. Then, by 
providing each of the multiple independent sound gen- 
erating sources with an address capable of identifying 
each unit such that the sound generating source and 
sound output unit are connected to each other by spec- 
ifying their addresses, multiple sound systems can be 
established. As a result, the aforementioned desired 
can be satisfied. 

[0029] Here, the concept of "providing at least one 
sound output unit with an address capable of identifying 
itself" includes not only a case in which an address is 
given to each sound output unit but also is a concept 
including so-called group address in which an address 
is given to entirely multiple sound output units. If such 
group address concept is used, if sound volume, sound 
field balance or the like is desired to be set on the sound 
output unit according to an instruction from the sound 
input unit, not only various settings can be instructed to 
each particular unit, but also the various setting can be 
carried out in each sound output group at the same time 
so that each sound control unit belonging to the group is 
set to the same condition, by sending various setting 
signals to each sound output group such as right/left or 
front/rear. 



[0030] Meanwhile, assuming that for example, four 
sound output units correspond to front left speaker, front 
right speaker, rear left speaker and rear right speaker, 
the "address" used here is such a concept including a 

5 case in which the destination is specified by directly 
specifying individual locations such as front left. If such 
a concept is employed, the destination can be specified 
more easily corresponding to human sensitivity as com- 
pared to a case in which a determined address is spec- 

jo ified from bit-column address allocated to each sound 
output unit. 

[0031] Further, according to a preferred embodi- 
ment of the present invention, the at least one sound 
output unit actively changes a sound output function 
15 according to a command instruction sent from the 
sound input unit. 

[0032] Because according to this embodiment, the 
at least one sound output unit actively changes its 
sound output function according to a command instruc- 

20 tion sent from the sound input unit, for example if a com- 
mand instruction for changing over the sound output 
function of the sound output unit dynamically is sent, the 
sound field can be changed dynamically at real time. 
Consequently, diversified applications of this effect can 

25 be expected, so that, for example, a novel acoustic 
effect can be produced in TV game, movie theater and 
the like. 

[0033] The nature, principle and utility of the inven- 
tion will become more apparent from the following 
30 detailed description when read in conjunction with the 
accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

35 [0034] In the accompanying drawings: 

Fig.1 is a schematic block diagram of an acoustic 
system according to the present invention; 
Figs. 2A, 2B are block structure diagrams of a 
40 sound input unit, and a sound output unit, respec- 
tively; 

Fig. 3 is a diagram for explaining a countermeasure 
for a difference of time; 

Fig. 4 is a diagram for explaining a countermeasure 
45 for a difference of time; and 

Fig. 5 is a diagram for explaining a countermeasure 
for a difference of time. 

DESCRIPTION OF THE PREFERRED EMBODI- 
50 ME NTS 

[0035] Hereinafter, the preferred embodiments of 
the acoustic system according to the present invention 
will be described in detail with reference to the accom- 
55 panying drawings. 

[0036] According to the present invention, instead 
of the conventionally used wire as a transmission 
medium for transmitting sound signal between respec- 
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tive input and output units such as a sound input, unit for 
inputting a sound signal generated in a sound genera- 
tor, for example, an amplifier and at least, a sound out- 
put unit incorporating an acoustic unit, for example, like 
a speaker, radio transmitting medium is employed to 
aim at improvement of the appearance and improve- 
ment of the working efficiency and freedom of installa- 
tion of respective related units. 

[0037] To achieve such an initial purpose, the 
acoustic system of the present invention employs a 
structure shown in Fig. 1 . That is, the acoustic system 1 1 
installed in an acoustic space comprises a sound input 
unit 21 containing a first sound output unit 14, an image 
output unit 23 to which an antenna 25 is connected, a 
second sound output unit disposed to the front left with 
respect to a listener I, located near the center of the 
acoustic space in Fig. 1 , a third sound output unit 37 dis- 
posed at the front right, a fourth sound output unit 43 
disposed to the right with respect to the listener, a fifth 
sound output unit 49 disposed to the rear left and a sixth 
sound output unit 55 disposed to the rear right. 
[0038] Each of the second to sixth sound output 
units except the fourth sound output unit 43 contains a 
tweeter in charge of treble range, a squawker in charge 
of midrange, a woofer in charge of bass range and the 
like. The fourth sound output unit 43 contains a sub- 
woofer speaker in charge of bass range to supplement 
the bass range of sounds produced from the above 
mentioned respective sound output units. However, the 
second to sixth sound output units except the fourth 
sound output unit 43 do not have to contain all the 
speakers including tweeter, squawker and woofer, how- 
ever may contain appropriate speakers in charge of 
sound range depending on each application selectively. 
Further, each of the second to switch sound output units 
except the fourth sound output unit 43 may be set up so 
that its sound ranges are switched over manually 
depending on the purpose of each application or may 
be so constructed that the sound ranges are changed 
actively according to a command instruction sent from 
the sound input unit 21. In this way, for example, if a 
command instruction for switching the sound output 
function possessed by the sound output unit dynami- 
cally is sent from the sound input unit, sound field can 
be changed dynamically at realtime. As a result, a novel 
acoustic effect can be produced in TV game, movie 
theater and the like and diversified application of this 
effect can be expected. 

[0039] The sound input unit 21 comprises an audio 
amplifier 13 for amplifying an inputted sound signal, 
sound generator group 15 including CD unit, MD unit, 
TV unit, radio receiver, microphone and the like and an 
antenna 19. The second sound output unit 31 has an 
antenna 29. The third sound output unit 37 has an 
antenna 35. The fourth sound output unit 43 has an 
antenna 41. The fifth sound output unit 49 has an 
antenna 47. The sixth sound output unit 55 has an 
antenna 53. 



[0040] To transmit information by specifying a desti- 
nation and a transmitter between the above mentioned 
respective input/output units, particular addresses 17, 
27, 33, 39, 45, 51 capable of recognizing each unit are 

5 given to the sound input unit 21 and the first to sixth 
sound output units 14, 31, 37, 43, 49, 55. Then, when 
transmitting information between the input unit and the 
output unit, the transmitter specifies addresses of a des- 
tination and the transmitter. As a result, the transmitter 

re is capable of transmitting information to a specified des- 
tination. Further, the receiver is capable of recognizing 
information from which transmitter. An example of appli- 
cation of such address specifying method will be 
described. For example, if sound signals are inputted to 

75 the sound input unit from multiple independent sound 
generators such as monophonic terminal unit, KARA- 
OKE system, telephone unit and the like and these 
sound signals are requested to be distributed to multiple 
sound output units and outputted therefrom at the same 

20 time, by providing the multiple independent sound gen- 
erators with mutually recognizable addresses so that 
each sound generator coincides with each sound output 
unit one to one through their addresses, multiple sound 
systems can be established at the same time. Thus, 

25 such a demand can be satisfied. 

[0041] Further, by sending a sound volume setting 
signal to each particular destination, a sound volume of 
each sound output unit can be set and by sending a 
sound field setting signal to each particular destination, 

30 sound field balance about right/left or front/rear, live per- 
formance, sound range and the like can be set up. To 
set a sound volume in each sound output unit, an ampli- 
fication factor is set up in an amplifier 72 which will be 
described later by referring to a sound volume setting 

35 signal sent to a given sound output unit. Further, to set 
up a sound field balance or the like in each sound output 
unit, a delay time in sound phase level is adjusted in a 
delay portion 97 by referring to a sound field setting sig- 
nal sent to a given unit. The setting of the aforemen- 

40 tioned sound volume, sound field balance and the like is 
carried out not only for each particular destination, but 
also by sending various setting signals to sound output 
group, for example, right/left or front/rear, various setting 
for each sound output unit belong to each sound output 

45 group can be carried out. 

[0042] Next, an internal structure of each of the 
sound input unit 21 and the first to sixth sound output 
units 14, 31 , 37, 43, 49, 55 will be described with refer- 
ence to Figs. 2A, 2B. Reference numeral 61 is given to 

so the sound input unit in Fig. 2A and reference numeral 63 
is given to the sound output unit in Fig. 2B. Because the 
internal structures of the first to sixth sound output units 
are substantially common, a description thereof is car- 
ried our by describing the sound output unit 63. 

55 [0043] First, the sound input unit 61 comprises an 
input interface 83 for inputting a sound signal generated 
in a microphone 85 or various sound generation source 
87, an encoder 81 for digitizing the inputted sound sig- 
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nal, a sending portion 79 which acts as a sending 
means for modulating the digitized sound signal and 
sending the signal through a radio transmission medium 
and a sending antenna 65. On the other hand, the 
sound output unit 63 comprises a reception antenna 67 
and receiving portion 69 which act as receiving means 
for receiving a sound signal sent through a radio trans- 
mission medium and demodulating the received sound 
signal, a decoder 71 for decoding the demodulated 
sound signal, an amplifier 72 such as auto gain control 
(AGC) for amplifying a restored sound signal by the 
decoding at a set amplification factor, an output inter- 
face 73 for outputting the amplified sound signal, a 
speaker 75 and a monitor unit 77. 
[0044] Then, an operation of the acoustic system 
1 1 having such a structure will be described. In the 
sound input unit 61, a sound signal generated in the 
sound generation sources 85, 87 is inputted through the 
input interface 83. Then, the encoder 81 digitizes the 
inputted sound signal and the sending portion 79 mod- 
ulates the digitized sound signal and sends the signal 
through the sending antenna 65 and radio transmitting 
medium. On the other hand, in, at least, one sound out- 
put unit, the receiving portion 69 receives a sound sig- 
nal sent through the reception antenna 67 and radio 
transmitting medium and then, demodulates the 
received sound signal. Then, the decoder 71 decodes 
the demodulated sound signal. Then, the amplifier 72 
amplifies a sound signal restored by the decoding at a 
set amplification factor and the output interface 73 out- 
puts the amplified sound signal. By receiving the sound 
signal outputted from the output interface 73, an acous- 
tic unit such as the speaker 75 outputs a sound. The 
reason why an operation for mainly transmitting and 
receiving the sound signal is described above is that 
radio transmission of image data has been disclosed in 
for example, Japanese Patent Application Laid-Open 
No. H8-1 06580 or Japanese Patent Application Laid- 
Open No. H1 1-24678 and that the present invention is 
on a premise of handling mainly sound as a transmis- 
sion object. 

[0045] If a sound space to which the acoustic sys- 
tem 1 1 of the present invention is applied is imagined, 
for example, home, vehicle compartment, move theater, 
stage, concert hall and the like can be exemplified. If the 
acoustic system of the present invention is applied to a 
relatively wide sound space and multiple sound output 
units are employed, a difference of time in arrival of 
sound signal between the respective sound output units 
becomes as large as cannot be neglected, so that there 
may be generated such an event that makes listeners 
feel a sense of disharmony. 

[0046] Thus, according to the present invention, if 
multiple sound output units exist and a difference of time 
occurs between the multiple sound output units, this dif- 
ference of time is corrected. As a result, even if the dif- 
ference of time between the respective sound output 
units becomes so large as not to be able to be 



neglected, it is possible to avoid such an event that 
makes listeners feel a sense of disharmony. 
[0047] Although the countermeasure for a differ- 
ence of time generated between the multiple sound out- 
5 put units has been described above, various 
approaches for this correction of the difference of time 
can be considered. 

[0048] As an example of such various approaches, 
information transmitted between the input and output 

10 units can be so constructed that it contains a block syn- 
chronous signal and a left/right synchronous signal and 
the correction of the difference of time is carried out 
based on the aforementioned synchronous signals. 
[0049] That is, in Fig. 3, the block synchronous sig- 

15 nal B and left/right synchronous signal for the digital 
sound signal are sent from the sound input unit 91 to the 
sound output units 93, 95. The sound output units 93, 
95 output sound signals synchronously with both the 
synchronous signals so as to prevent occurrences of 

20 time delay and a difference of phase. 

[0050] In Fig. 4, the block synchronous signal B and 
left/right synchronous signal for the digital sound signal 
are sent from the sound input unit 91 to the sound out- 
put units 93, 95. The sound input unit 91 detects a time 

25 delay of each of the sound output units 93, 95 with 
respect to a reference value and sends the detected 
time delay to the sound output units 93, 95 again so as 
to correct the time delay in the sound output units 93, 
95. 

30 [0051] According to the above described embodi- 
ment, the correction of the differernce of time is carried 
out based on both the block synchronous signal and 
left/right synchronous signal. Therefore, each of the 
multiple sound output units can cancel a difference of 

35 time and a difference of phase by only outputting sound 
synchronously with both the synchronous signals. Con- 
sequently, the difference of time can be corrected with 
such a simple method. 

[0052] Further, as an example of various 
40 approaches, it can be so constructed that the correction 
of the difference of time is carried out based on a meas- 
ured difference of time of the sound signal between the 
multiple sound output units. 

[0053] That is, in Fig. 5, a difference of time (t2-t1) 
45 until a sound is produced after a sound signal is 
received is measured for each sound output unit or a dif- 
ference of time with respect to a reference is measured 
on the side of the sound input unit by sending a prede- 
termined value set depending on the difference of time 
50 to the sound input unit. Then, this difference of time is 
sent to each sound output unit and corrected by the 
delay portion 97 provided on each sound output unit. 
Consequently, the correction of the difference of time is 
carried out based on a difference of time actually meas- 
55 ured between the multiple sound output units, thereby 
achieving a highly accurate correction of the difference 
of time. 

[0054] Meanwhile, the above described embodi- 
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ment is only an example for facilitating understanding of 
the present invention and it does not restrict the techni- 
cal scope of the present invention. 
[0055] Therefore, naturally the present invention 
includes all embodiments belonging to that technical 5 
scope and further every equivalent. 
[0056] That is, as an example of application of the 
acoustic system of the present invention, a headphone 
comprised of right and left speakers can be formed 
completely by wireless so as to release a person from 10 
discomfort or a feeling of pressure caused because a 
wire stretched between the right and left speakers 
makes contact with his body and further, a new applica- 
tion of such a wireless headphone can be expected. 
[0057] Further, it is needless to say that a power 15 
line of each of the input/output units can be made 
unnecessary if each unit is provided with, for example, 
solar battery, dry cell, nickel-cadmium battery, lithium- 
ion battery, nickel metal hydride battery or the like. In 
this way, the acoustic system of the present invention 20 
can be formed completely by wireless. 
[0058] It should be understood that many modifica- 
tions and adaptations of the invention will become 
apparent to those skilled in the art and it is intended to 
encompass such obvious modifications and changes in 25 
the scope of the claims appended hereto. 

Claims 

1. An acoustic system (11) comprising a sound input 30 
unit (21 ) for inputting a sound signal generated in a 
sound generating source and at least one sound 
output unit (31 , 37, 43, 49, 55) for outputting sound 
based on said sound signal, wherein 

35 

radio transmitting medium is employed as a 
transmitting medium for transmitting informa- 
tion containing said sound signal between said 
sound input unit (21) and said at least one 
sound output unit (31 , 37, 43, 49, 55). 40 

2. An acoustic system (11) according to claim 1 
wherein part or all of said information is transmitted 
bidirectionally between said sound input unit (21) 
and said at least one sound output unit (31 , 37, 43, 45 
49, 55). 

3. An acoustic system (11) according to claim 1 
wherein said sound input unit (21) comprises at 
least: 50 



12 

each sound output unit comprises at least: 
a receiving means (69) for receiving a sound 
signal sent through said radio transmitting 
medium and demodulating the received sound 
signal; 

a decoder (71) for decoding the demodulated 
sound siganl; and 

an output interface (73) for outputting a sound 
signal; restored by the decoding. 

4. An acoustic system (11) according to claim 1 
wherein if a multiplicity of sound output units (31, 
37, 43, 49 and 55) exist and a difference of time of 
sound signals is generated between the multiple 
sound output units (31 , 37, 43, 49 and 55), said dif- 
ference of time is corrected. 

5. An acoustic system (11) according to claim 4 
wherein the information includes a block synchro- 
nous signal and a left/right synchronous signal and 
the difference of time is corrected based on both 
the synchronous signals. 

6. An acoustic system (11) according to claim 4 
wherein correction of the difference of time is car- 
ried out based on a difference of time of the sound 
signals actually measured between the multiple 
sound output units (31 , 37, 43, 49 and 55). 

7. An acoustic system (11) according to claim 1 
wherein each of said sound input unit (21) and said 
at least one sound output unit (31, 37, 43, 49, 55) is 
provided with an address (17, 27, 33, 39, 45, 51) 
capable of identifying each unit. 

8. An acoustic system (11) according to claim 1 
wherein each sound output unit (31, 37, 43, 49 or 
55) actively changes a sound output function 
according to a command instruction sent from said 
sound input unit (21). 
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an input interface (83) for inputting a sound sig- 
nal generated in said sound generating source; 
an encoder (81) for digitizing the inputted 
sound signal; and 55 
a transmitting means (79) for modulating the 
digitized sound signal and sending through the 
radio transmitting medium, and 
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FIG. 1 
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FIG. 3 
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